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Abstract 
                Orthogonal Frequency Division Multiplexing (OFDM) is a multi-carrier 
modulation technique that divides a high bit rate data stream into several parallel low bit rate 
data streams. This scheme makes it possible to convert the severe wide-band frequency-
selective fading channel into many narrow-band frequency non-selective flat fading sub-
channels, which are free from Inter-Symbol Interference (ISI). However, due to the user 
mobility, each carrier is subject to Doppler shift resulting in time-varying fading. Thus, our 
purpose in this thesis is to estimate time-varying Rayleigh fading channels in OFDM mobile 
systems. When the fading channel is approximated by an Auto-Regressive (AR) process, the 
AR parameters have to be estimated from the available noisy observations. One standard 
solution to obtain the AR parameters consists in first fitting the AR process autocorrelation 
function to the theoretical Jakes one and then solving the resulting Yule-Walker Equations 
(YWE). However, this approach requires the Doppler frequency which is usually unknown. 
To avoid the estimation of the Doppler frequency, we propose to consider a structure based 
on two-cross-coupled Kalman filters. One filter is used to estimate the AR parameters and 
the other is used to estimate the fading process. Simulation results show the effectiveness of 
this approach especially in high Doppler rate environments, and can provide significant 
results over the Least Mean Square (LMS) and Recursive Least Square (RLS) channel 
estimators. Kalman filtering is optimal providing that the initial state, the driving process 
and the measurement noise in the space representation of the system are independent, white 
and Gaussian. However, in real cases, these assumptions may no longer be satisfied. To 
relax them, some authors proposed to use two-serially-connected H∞ filters. The first filter is 
used to estimate the AR parameters and the second filter is used to estimate the fading 
process. Nevertheless, this approach results in biased AR parameter estimates as they are 
directly estimated from the noisy observations. To avoid this drawback, we propose to 
consider a structure based on two-cross-coupled H∞ filters. Simulation results show that the 
two-cross-coupled H∞ filter based channel estimator outperforms the one based on two-
serially-connected H∞ filters. In addition, the two-cross-coupled H∞ filter based channel 
estimator provides approximately the same results as the one based on two-cross-coupled 
Kalman filters while avoiding the restrictive assumptions imposed by Kalman filters.    
Keywords: Multi-carrier modulation, OFDM, Rayleigh fading channels, AR processes, 
Channel Estimation, Kalman filters, H∞ filters.  
 ﻣﻠﺨﺺ اﻟﺮﺳﺎﻟﺔ 
 
 iv
 ﻣﻠﺨﺺ اﻟﺮﺳﺎﻟﺔ
اﻛﺘﺴﺐ ﺷﻌﺒﯿﺔ ﻋﺎﻟﯿﺔ ﻓﻲ ﻣﺠﺎﻻت اﻻﺗﺼﺎﻻت  ﺗﻘﻨﯿﺔ ﻣﺘﻌﺪد اﻟﻨﺎﻗﻞ ﺣﯿﺚﯾﻌﺘﻤﺪ ﻋﻠﻰ  ﺎم اﺗﺼﺎل ﻻﺳﻠﻜﻲھﻮ ﻧﻈ( )MDFO
  ﻋﺮﯾﻀﺔ اﻟﻨﻄﺎق اﻟﻘﻨﺎةﯾﺠﻌﻞ ﻣﻦ اﻟﻤﻤﻜﻦ ﺗﺤﻮﯾﻞ ھﺬا اﻟﻨﻈﺎم . اﻟﺴﻨﻮات اﻟﻘﻠﯿﻠﺔ اﻟﻤﺎﺿﯿﺔ ﻲاﻟﻼﺳﻠﻜﯿﺔ ﻓ
( evitceles-non ycneuqerf dnab-worran)ﺣﺎدة اﻟﻨﻄﺎق  ﻗﻨﺎةاﻟﻰ ( evitceles ycneuqerf dnab-ediw) 
ﺗﺄﺗﯿﺮ  ﻧﻈﺮا ﻟﺘﻨﻘﻞ و ﺣﺮﻛﺔ اﻟﻤﺴﺘﺨﺪم ﻓﺎن ﻛﻞ ﻧﺎﻗﻞ ﯾﺘﻌﺮض اﻟﻰ ﻣﺎ ﯾﺴﻤﻰ  ﻦﻟﻜ(. ISI)ﺗﺨﻠﻮ ﻣﻦ اي ﻧﻮع ﻣﻦ اﻟﺘﺪاﺧﻞ 
ﺪﯾﺮ ھﺬا ھﺬه اﻻطﺮوﺣﺔ ھﻮ ﺗﻘ ﻣﻦاﻟﮭﺪف . ﻋﻠﻰ اﻟﺰﻣﻦ ةو ﻣﻌﺘﻤﺪ  ةﻣﺘﻐﯿﺮﻗﻨﺎة اﻻﺗﺼﺎل  ﻣﻤﺎ ﯾﺠﻌﻞ( tceffe relppoD)
  .(MDFO)ﻨﻈﺎم ﻟ اﻻﺗﺼﺎل ﺘﻐﯿﺮ ﻓﻲ ﻗﻨﻮاتﻟا
ﻓﺎن ھﺬا اﻟﻨﻤﻮذج ﯾﺤﺘﺎج اﻟﻰ ( evissergeR otuA)ﯾﺘﻢ اﺳﺘﺨﺪام ﻣﺎ ﯾﺴﻤﻰ ﻧﻤﻮذج  ﻗﻨﺎة اﻻﺗﺼﺎلﻋﻨﺪ ﺗﻘﺪﯾﺮ اﻟﺘﻐﯿﺮات ﻓﻲ 
ﺑﻞ ﯾﺠﺐ ﺗﻘﺪﯾﺮھﺎ و ﺑﺎﻟﺘﺎﻟﻲ  اﻟﻌﻮاﻣﻞﯾﻤﻜﻦ اﻟﺤﺼﻮل ﻋﻠﻰ ھﺬه  ﻓﻲ اﻟﻮاﻗﻊ ﻻ. (sretemarap)اﻟﻌﻮاﻣﻞ ﺗﻌﺮﯾﻒ ﺑﻌﺾ 
  ﻣﻦ اﺣﺪى اﻟﻄﺮق اﻟﻤﺴﺘﺨﺪﻣﺔ ھﻲ اﻟﻠﺠﻮء اﻟﻰ ﻧﻮذج ﺟﺎﻛﺲ . ﻗﻨﺎة اﻻﺗﺼﺎل اﻟﺤﺼﻮل ﻋﻠﻰ اﻟﺘﻐﯿﺮات اﻟﺤﺎﺻﻠﺔ ﻋﻠﻰ
و ﺑﺎﻟﺘﺎﻟﻲ اﻟﺤﺼﻮل ﻋﻠﻰ ھﺬه  اﻟﻌﻮاﻣﻞ ( reklaW-eluY)ﺣﯿﺚ ﯾﺘﻢ اﻟﻠﺠﻮء ﻣﻦ ﺧﻼﻟﮫ اﻟﻰ ﺣﻞ ﻣﻌﺎدﻟﺔ ( ledom sekaJ)
ﺑﻌﺾ  ء اﻟﻰ اﺳﺘﺨﺪام ﻮﻟﺬا ﺗﻢ اﻟﻠﺠ. ﻌﺎدة ﻏﯿﺮ ﻣﻌﺮوفﻟوھﻮ ﻓﻲ ا( ycneuqerf relppoD)و ﻟﻜﻦ ھﺬه اﻟﻄﺮﯾﻘﺔ ﺗﺤﺘﺎج اﻟﻰ 
و ﻓﯿﮫ ﯾﻘﻮم اﻟﻤﺮﺷﺢ اﻻول ﺑﺘﻘﺪﯾﺮ اﻟﻌﻮاﻣﻞ  (sretlif namlaK delpuoc-ssorc-owT)ﻣﺜﻞ   (sretliF) اﻟﻤﺮﺷﺤﺎت
 (SML) ﺎﻟﻤﺮﺷﺢﺑﻋﻄﻰ ﻧﺘﺎﺋﺞ اﻓﻀﻞ ﻣﻘﺎرﻧﺔ ﺗﻢ ﺑﻨﺎء ھﺬا اﻟﻤﺮﺷﺢ اﻟﻤﺰدوج وا .(lennahC)ﺑﯿﻨﻤﺎ ﯾﻘﻮم اﻻﺧﺮ ﺑﺘﻘﺪﯾﺮ اﻟﻘﻨﺎة 
 و ﺿﻮاﺑﻂ  ﯾﺤﺘﺎج اﻟﻰ  ﺷﺮوط( sretlif namlaK delpuoc-ssorc-owT) اﻟﻤﺮﺷﺢوﻟﻜﻦ ھﺬا  .(SLR)و اﻟﻤﺮﺷﺢ 
  ﻟﻤﺮﺷﺢﺎاﻻوﻗﺎت ﻟﺬﻟﻚ اﻗﺘﺮح ﺑﻌﺾ اﻟﻤﺆﻟﻔﯿﻦ اﺳﺘﺨﺪام ﻣﺎ ﯾﺴﻤﻰ ﺑ ﺑﻌﺾﻗﺒﻞ اﺳﺘﺨﺪاﻣﮫ وھﻲ ﻏﯿﺮ ﻣﺘﻮﻓﺮة ﻓﻲ 
وﻟﻜﻦ ھﻨﺎك ﻧﺴﺒﺔ ﺧﻄﺄ ﯾﻌﻄﯿﮭﺎ ھﺬا اﻟﻤﺮﺷﺢ ﻓﻲ ﻗﯿﻢ اﻟﻌﻮاﻣﻞ ﻟﺬﻟﻚ ﺗﻢ اﻟﻠﺠﻮء ( sretlif ∞H detcennoc-yllaires-owt) 
و ﯾﻌﻄﻲ ﻧﺘﺎﺋﺞ ﻣﻤﺎﺛﻠﺔ ﻟﻠﻤﺮﺷﺢ  ﺣﯿﺚ اﻧﮫ ﻻ ﯾﺤﺘﺎج اﻟﻰ ﺿﻮاﺑﻂ( sretlif ∞H delpuoc-ssorc-owt)اﺳﺘﺨﺪام اﻟﻰ 
ﺑﺎﻟﻤﻘﺎرﻧﺔ ﻣﻊ اﻓﻀﻞ اﻟﻤﻘﺘﺮﺣﺔ ﻋﻠﻰ ﺗﻨﺎﺋﺞ  اﻟﻤﺮﺷﺤﺎتﺣﺼﻠﺖ .  (sretlif namlaK delpuoc-ssorc-owT)
   .اﻟﺒﺎﺣﺜﯿﻦ ﺑﻌﺾ ﻣﻦ   ﺒﻞواﻟﻤﻘﺘﺮﺣﺔ ﻟﻤﺴﺘﺨﺪﻣﺔ ا اﻟﻤﺮﺷﺤﺎت
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Chapter 1: Introduction  
 
1.1 Motivation  
Due to the increasing demand on mobile wireless communication industry and the 
increasing number of mobile users, wireless communication technology became one of the 
most important fields to be studied. Figure 1.1 shows the rapid increasing of cellular users 
till 2005 according to the International Telecommunication Union (ITU) statistic database. 
In 1991, the number of mobile users is not exceeding 100,000 users. But in 2005 this 
number exceeds 2 billion users as shown in Figure1.1.  
 
Figure 1.1: Cellular users' growth worldwide according to ITU database 
Many mobile radio standards have been developed for wireless communication throughout 
the world. A classification to mobile communication development has been known as 
mobile generations. Each generation is different from the others, according to the used 
multiple access technique, modulation techniques, data rate, types of data to be transferred 
between the transmitter and the receiver, number of users, etc. First Generation (1G) 
mobile systems used Frequency Division Multiple Access (FDMA). At that time analog 
transmission was used in all systems. Among these systems are Nordic Mobile Telephony 
(NMT) that mainly been used in the Nordic countries and Advanced Mobile Phone System 
(AMPS) which is introduced in the Americas. Second Generation (2G) mobile systems 
used Time Division Multiple Access (TDMA). 2G phone systems were characterized by 
digital circuit switched transmission and the introduction of advanced and fast phone to 
network signaling. Group Special Mobile (GSM) is the most popular standard for mobile 
phones in the world. It is developed to be used in Europe. Integrated Digital Enhanced 
Network (iDEN) is a mobile telecommunications technology, developed by Motorola, and 
provide users with the benefits of a trunked radio and a cellular telephone. It is use
0
0.5
1
1.5
2
2.5
1991 1993 1995 2001 2005
Cellular users growth worldwideBillion 
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3 
popularly in USA. 2G mobile systems also used Code Division Multiple Access (CDMA). 
Interim Standard 95 (IS-95) is the first CDMA-based digital cellular system developed in 
USA. Due to the exponential increase in the number of users for mobile cellular 
communications CDMA, with its proven capacity enhancement over TDMA and FDMA, 
has been chosen as the main multiple access scheme for the Third Generation (3G) mobile 
cellular systems [Abb05]. International Mobile Telecommunications (IMT-2000) is the 
global standard for 3G wireless communications. With the existing Multiple Access 
schemes, several technical issues prevent us from achieving such a high transmission rate 
[Jama05]. In Beyond 3G (B3G) mobile systems, high date rate transmission on the order of 
10 Mb/s and more is expected by adopting new multiple access techniques. Multicarrier 
DS-CDMA (MC/DS-CDMA) scheme has received much attention as one promising 
multiple access schemes for B3G systems [Yan03] [Jam07a]. To achieve high data rate in 
the B3G, OFDM has attracted much attention, particularly in the emerging IEEE 802.16 
wireless communications standard [Xia03] [Ekl02]. 
 
1.2 Multiple Access Techniques  
        Multiple access schemes are used to allow many mobile users to share simultaneously 
a finite amount of radio spectrum for high quality communication [Rap01]. This must be 
done without degradation in the performance of the system. FDMA assigns individual 
channel for individual user as shown in Figure 1.2. Low Inter-Symbol Interference (ISI)1 is 
one of the advantages of FDMA [Yee93]. In this case, users are assigned a channel as a pair 
of frequencies, forward and reverse to get a full duplex2 communication. The first analog 
cellular system, the Nippon Telephone and Telegraph (NTT) system became operational in 
1985. In 1983, American Telephone and Telegraph (AT&T) fielded the Advanced Mobile 
Phone Service (AMPS) as a trial in Chicago [Stü02]. 
                                                        
1 Inter symbol Interference (ISI): is a form of distortion of a signal in which one symbol interferes with 
subsequent symbols. It is usually caused by multipath propagation of the channel.  
 
2  Duplexing Allow the user to send simultaneously information while receiving information “talk and listen 
simultaneously”.   a) Frequency division duplex (FDD) two frequencies for every users one for the forward 
and the other for the reverse “or called uplink, downlink”. b) Time division duplex (TDD) using time instead 
of the frequency for both forward and reverse. 
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                           Frequency 
 
                     
 
Time 
Figure 1.2: FDMA 
The 2G systems, which have been developed in the 1990s, use TDMA as the main 
multiple access technique. In TDMA systems the radio spectrum is divided into time 
slots (see Figure 1.3), where one user is allowed in each slot [Rap01]. This means 
single carrier frequency with several users. 2G systems include GSM in Europe, 
Personal Digital Cellular (PDC) system in Japan, and the IS 54-/136 and IS-95 systems 
in the USA [Stü02]. 
                                   Frequency 
 
 
 
 
Time 
Figure 1.3: TDMA 
GSM is the first cellular system that allows roaming3 throughout Europe. The Conference 
of European Postal and Telecommunications administrations (CEPT) established GSM in 
1982 with the mandate of defining standards for future Pan-European cellular radio systems 
[Stü02]. Most GSM systems operate in the 900 MHz and 1.8 GHz frequency bands, except 
in North America where they operate in the 1.9 GHz band. GSM divides up the radio 
                                                        
3 Roaming: ability for a cellular customer to automatically make & receive voice calls, send & receive data, 
or access other services when travelling outside the geographical coverage area of the home network 
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spectrum bandwidth by using a combination of Time- and Frequency Division Multiple 
Access (TDMA/FDMA) schemes on its 25 MHz wide frequency spectrum. This spectrum 
is divided into 124 channels, each with 200 KHz. Each channel is then divided into eight 
time slots using TDMA, and one or more radio channels are assigned to each base station 
[Sel99]. 
TDMA also used in 2.5G systems evolved from GSM, namely General Packet Radio 
Service (GPRS) and Enhanced Data rate for GSM Evolution (EDGE). They use packetized 
data transmission and provide much higher data rates than the 2G systems. 
The disadvantage of FDMA and TDMA techniques is that both have a fixed number of 
users as fixed number of frequency and time slots are allowed. Also, these multiple access 
techniques cannot satisfy the increasing channel for new types of data services (e.g. 
multimedia, video, images …, etc) with high data rate requirements. To satisfy these 
requirements, CDMA was emerged as a possible solution. In CDMA each user is assigned 
a unique code sequence which is used to encode the user's information-bearing signal. The 
receiver, knowing the code sequence of the user, decodes the received signal after reception 
and recovers the original data. This is possible since the cross correlations between the code 
of the desired user and the codes of the other users are small. Since the bandwidth of the 
code signal is chosen to be much larger than the bandwidth of the information-bearing 
signal, the encoding process enlarges (spreads) the spectrum of the signal and is therefore 
also known as spread-spectrum modulation [Pra98]. The capacity of CDMA system is not 
fixed and a new user can be added to the system at any time. CDMA can be described as 
shown in Figure 1.4. For example, the IS-95 standard employs CDMA type of access 
method. In downlink, channels are identified by the orthogonal Walsh code of 64-chip 
length. Among the 64 channels, one is used as a pilot channel, seven are used as paging 
channels and 55 are used as traffic channels [Liu05]. 
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Figure 1.4: CDMA 
 
        To support the requirements of the new emerging high data rate multimedia services, 
several techniques have been studied for the last years. OFDM is suitable for high-data rate 
communications and has high resistance to ISI. In the next section we will motivate the 
selection of OFDM and provide the advantages of OFDMA over other multiple access 
techniques. 
 
1.3 Why OFDM?  
 
      OFDM is a parallel data transmission technique in which high data rates can be 
achieved by the simultaneous transmission over many orthogonal carriers, resulting in high 
band-width efficiency [Bin90] [Wan00]. In addition, this multi-carrier transmission 
technique makes it possible to convert the severe wide-band frequency-selective fading 
channel into many frequency-flat fading sub-channels. Due to its core advantages in high-
data rate communication systems, OFDM has become the modem of choice for a number of 
high profile wireless systems, such as Digital Video Broadcasting (DVB), Wireless Fidelity 
(Wi-Fi), Worldwide Interoperability for Microwave Access (WiMAX) [Liu05]. The 
concept of OFDMA4 is essentially the same as FDMA, but it has some advantages over 
FDMA (e.g., Bandwidth efficiency, high data rate … etc). OFDM can be defined as a form 
of multi-carrier modulation where each carrier is orthogonal to the other carriers. The 
                                                        
4 Although we are focusing our attention on OFDM, the extension to OFDMA is straight forward. 
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OFDM overcomes most of the problem of FDMA and TDMA. For example the limits of 
the number of users in both TDMA and FDMA are overcomed in OFDM technique by 
dividing total bandwidth into independent sub-channel, multiple access is achieved by 
distributing sub-channels between users and hence OFDMA. To generate an OFDM 
system, the relation between the carriers must be controlled to be orthogonal. OFDM can 
be easily implemented by using Fast Fourier Transform (FFT) and Inverse FFT (IFFT5). 
The following points summarize the benefits of OFDM and OFDMA:  
a) High data rates. 
b) High bandwidth efficiency 
c) Converts the frequency-selective fading channel into many frequency non-
selective flat fading sub-channels. 
d) Parallel transmission schemes that are free from ISI. 
OFDM has some disadvantages like: 
a) High peak-to-average-power ratio.  
b) Frequency offset and phase noise. 
 
1.4 Contributions of the thesis 
In OFDM systems, due to user mobility, each carrier is subject to Doppler shifts resulting 
in time-varying fading. Thus the estimation of time-varying flat fading channel over each 
carrier is a major challenge for reliable transmission. The time-variation of each carrier 
fading channel is usually modeled as a zero-mean wide-sense stationary complex Gaussian 
process, whose stochastic properties depend on the maximum Doppler frequency   . 
According to [Jak74], the theoretical power spectrum density (PSD) associated with the 
fading process is band-limited, U-shaped and exhibits twin peaks at  ±  . However, this 
key feature about the channel is not exploited when directly estimating the fading process 
by means of the Least Mean Square (LMS) or the Recursive Least Square (RLS) 
algorithms as in [Kal03]. 
On the other hand, when a pth order autoregressive model, denoted by AR(p), is used to 
approximate the time evolution of the fading process [Bad05], Kalman filtering can be 
carried out and is shown to provide lower Bit Error Rate (BER) than the model 
independent LMS and RLS based channel estimators [Kom02]. However, the AR model 
                                                        
5 FFT is equivalent to demodulation part of the transmission process. The IFFT is equivalent to the 
modulation part 
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order has to be selected and the AR parameters have to be estimated. One standard solution 
to obtain the AR parameters consists in first fitting the AR process autocorrelation function 
to the theoretical Jakes one and then solving the resulting Yule-Walker Equations (YWE). 
However, this approach requires the Doppler frequency which is usually unknown. To 
avoid the estimation of the Doppler frequency, the joint estimation of both the channel and 
its AR parameters can be addressed. Thus, we propose to investigate the relevance of the 
two methods [Lab06] [Lab07] for the estimation of the OFDM fading channel: 
· We first investigate the relevance of the two-cross-coupled Kalman filters [Lab06] 
for the joint estimation of the fading process and its AR parameters over each 
carrier in OFDM system [Jam07c]. A comparative study on the estimation of 
OFDM fading channel is then carried out with the traditional LMS and RLS channel 
estimators. 
· To avoid the restrictive Gaussian assumption imposed by Kalman filtering, we then 
investigate the relevance two-cross-coupled H∞ filters [Lab07] for the estimation of 
OFDM fading channel [Jam08]. The comparative study we carried out on the 
estimation of OFDM fading channel between the two-cross-coupled H∞ filters and 
the existing two-serially connected H∞ filters [Cai04] shows that the former 
approach outperforms the later one.  
   
1.5 Outlines of the thesis  
In chapter 1, an introduction to wireless mobile communication systems is presented. An 
evolution of the mobile generations toward the fourth Generation (4G) is presented, and a 
brief history of the multiple access techniques is investigated.  
In chapter 2, the OFDM wireless systems are presented. The OFDM transmitter model, the 
receiver structure and the channel model are described clearly.  
In chapter 3, the OFDM channel characterization and modeling is presented. A sum-of-
sinusoidal simulation models is adopted to simulate the fading channel and the AR model is 
used for channel prediction.  
In chapter 4, the estimation of time-varying Rayleigh fading channels in OFDM mobile 
systems is carried using various filters. A comparative study of the proposed filters has 
been carried out using various filters. 
In chapter 5, conclusion and recommendation for future work is drawn. 
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2.1 Introduction  
 
Multimedia is effectively an important technology with widely different origins in 
computing and telecommunications. New applications are emerging, not just in the wired 
environment, but also in the mobile one. At present, low bit-rate data services are available 
to the mobile users. However, demands of the wireless multimedia broadband system are 
need in many technologies [Har01]. 
Multimedia communication has rather large demands upon bandwidth and quality of 
service (QoS) compared to what is available today to the mobile user. The question is how 
to put these large bits with sufficient QoS guaranties, i.e., which modulation can 
compromise all contradicting requirements in the best manner. The radio environment is 
not trustable, due to the many reflected waves, noises and other effects. Using adaptive 
equalization techniques at the receiver could be the solution, but there are practical 
difficulties in operating this equalization in real-time at several Mb/s with compact, low-
cost hardware. A good choice that eliminates a need for the complex equalizers is the 
OFDM, a multiple carrier modulation technique. In this chapter, the multi-carrier 
modulation system is firstly described. The applications of OFDM are then outlined. The 
OFDM system model will then be clearly described. 
 
2.2 Parallel Transmission  
 
In wireless communication, the received signal arrives at the receiver from many paths due 
to reflection, diffraction and scattering. Thus, multipath with different delay, signal power 
and phases are received at the receiver. When the transmitted signal suffers from the 
multipath fading, the received signal will be affected by ISI.  
To combat the problem caused by a multipath fading, it is necessary to use a parallel 
transmission. The parallel transmission is a method of sending several data signals over a 
communication link at one time. It converts the high speed data into slow parallel data in 
several channels. 
Figure 2.1(a) shows multi-code transmission. In multi-code a unique code is given to each 
symbol that can be easily retrieved at the receiver. It is the standard of CDMA.  
Figure 2.1(b) shows parallel transmission FDMA that called multicarrier transmission 
[Wan00], which is the standard of OFDM.  
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a- Multi-code transmission scheme 
 
 
 
 
 
 
 
b- Multi-carrier transmission scheme 
 
Figure 2.1 Parallel transmission systems 
 
2.3 The concept of OFDM 
 
The concept of using parallel data transmission by means of FDM was published in mid 
1960s [Sal67]. The idea was to use parallel data streams and FDM with overlapping sub-
channels to avoid the use of high speed equalization and to combat impulsive noise, and 
multipath distortion as well as to fully use the available bandwidth. The initial applications 
were in the military communications. In the telecommunications field, the terms of 
Discrete Multi-Tone (DMT), multichannel modulation and Multi-Carrier Modulation 
(MCM) are widely used and sometimes they are interchangeable with OFDM. In OFDM, 
each carrier is orthogonal to all other carriers. However, this condition is not always 
maintained in MCM. OFDM is an optimal version of multicarrier transmission schemes in 
which high bandwidth efficiency can be achieved as shown in Figure 2.2. 
 
a) FDM modulation techniques  
 
b) OFDM modulation technique 
Figure 2.2 Comparison of bandwidth for FDM and OFDM modulation techniques    
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For a large number of sub-channels, the arrays of sinusoidal generators and coherent 
demodulators required in a parallel system become unreasonably expensive and complex. 
The receiver needs precise phasing of the demodulating carriers and sampling times in 
order to keep crosstalk between sub-channels acceptable. Weinstein and Ebert [Wei71] 
applied the Discrete Fourier Transform (DFT) to parallel data transmission system as part 
of the modulation and demodulation process. In addition to eliminate the banks of 
subcarrier oscillators and coherent demodulators required by FDM, a completely digital 
implementation could be built around special-purpose hardware performing the FFT.  
In the 1980s, OFDM has been studied for high-speed modems, digital mobile 
communications and high-density recording. Various fast modems were developed for 
telephone networks. 
In 1990s, OFDM has been exploited for wideband data communications over mobile radio 
FM channels, High-bit-rate Digital Subscriber Lines (HDSL, 1.6 Mb/s), Asymmetric 
Digital Subscriber Lines (ADSL, 1,536 Mb/s), Very High-speed Digital Subscriber Lines 
(VHDSL, 100 Mb/s), Digital Audio Broadcasting (DAB). 
 
2.4 Emerging OFDM wireless commutation systems 
 
OFDM has been proposed for a variety of applications including ADSL, DAB, DVB, 
WLAN and WiMAX. In this section, we discuss the use of OFDM in such applications. 
 
2.4.1 Digital broadcasting systems 
 
OFDM systems have been proposed to transform from old analog broadcasting systems to 
new digital broadcasting systems. For example, in Europe OFDM has been adopted for 
DAB [EST95] and terrestrial DVB [EST97].  
OFDM with coding and interleaving techniques, i.e., coded orthogonal frequency division 
multiplexing (COFDM), has been selected for digital broadcasting systems due to its 
capability to combat multi-path propagation and narrowband interference. 
 
2.4.2 Wireless LANs (WLANs) 
 
Growing interest in high speed wireless packet switched services, such as wireless Internet 
access, wireless multimedia, advances in integrated personal computers and communication 
devices. OFDM has been selected as the basis for the physical layer of a number of packet 
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based indoor wireless LAN standards such as the HIPERLAN2 [ETS00] and the IEEE 
802.11a [IEE99]. 
 
2.4.3 Worldwide Interoperability for Microwave Access (WiMAX) 
WiMAX is a wireless digital communications system, also known as IEEE 802.16 that is 
intended for wireless "metropolitan area networks".   WiMAX can provide Broadband 
Wireless Access (BWA) up to 30 miles (50 km) for fixed stations, and 3 - 10 miles (5 - 15 
km) for mobile stations 
   
Figure 2.3: Channel Bandwidth of WiMAX 
Figure 2.3 shows the carriers used in WiMAX. In WiMAX only 200 of 256 subcarriers are 
used: 192 data subcarriers + 8 pilot subcarriers. There are 56 ”nulls” (center carrier, 28 
lower frequency and 27 higher frequency guard carriers). 
 
2.5 OFDM System Model 
 
The main advantage of Multi-carrier and parallel data system is to protect the system from 
inter-symbol interference (ISI). OFDM system is a multicarrier modulation technique that 
allows overlapping frequency sub-channels. In this system, each subcarrier is made to be 
orthogonal to every other subcarriers in the system. Figure 2.4 shows the spectrum of 
OFDM and shows the orthogonality between the carriers. 
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Figure 2.4: Spectra of 5 subcarriers of OFDM 
 
 
The importance of orthogonality 
 
The orthogonality in OFDM indicates that there is a precise mathematical relationship 
between the carriers in the system. In FDM system, the many carriers are spaced apart in 
such way that the signals can be received using conventional filters. In such receivers, 
guard bands have to be introduced between the different carriers, see Figure 2.2(a), and the 
introduction of these guard bands in the frequency domain results in a lowering of the 
spectrum efficiency. It is possible to arrange the carriers in an OFDM signal so that the 
sidebands of the individual carriers overlap and the signals can still be received without 
adjacent carrier interference [Bul98]. In order to do this, the carriers must be designed to be 
orthogonal. The receiver acts as a bank of demodulators, the resulting signal then being 
integrated over a symbol period to recover the raw data.  
Mathematically, the signals are orthogonal if 
                =  1                     for     =  0                    for    ≠                                                                          (2.1)  
where    is a symbol period.  
In the following, we will describe the transmitter model, the channel model and the receiver 
structure of the OFDM system.  
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2.5.1 The transmitter model 
 
A block diagram of the transmitter is shown in Figure 2.5. In the OFDM transmitter model, 
the input serial data stream is firstly converted into parallel data blocks. An IFFT is 
performed on each block.  
 
Figure 2.5: OFDM Transmitter. 
Where    [ ]: the input data symbol of m carrier  
 
2.5.1.1 Inverse Fast Fourier Transform (IFFT) as Modulation 
 
It has been difficult to generate a modulated signal, and even harder to receive and 
demodulate that signal. The hardware solution, which makes use of multiple modulators 
and demodulators, was somewhat impractical for use in the civil systems. 
The ability to define the signal in the frequency domain and to generate the signal using the 
IFFT is the key to its current popularity. 
 Let us consider the block diagram shown in Figure 2.6 that describes the IFFT as a 
modulation step where   [ ]  is the symbol   over th carrier, M is the number of carriers 
and    is Frequency of th carrier.  
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Figure 2.6: Modulation process in OFDM system using IFFT. 
 
The third part in the transmitter of OFDM system is the guard interval. What is the guard 
interval? and why it is used in OFDM system? 
 
2.5.1.2 Guard Interval  
 
The orthogonality of sub-channels in OFDM can be maintained and individual sub-
channels can be completely separated by the FFT at the receiver when there are no inter-
symbol interference (ISI) and inter-carrier interference (ICI) introduced by transmission 
channel distortion. In practice these conditions cannot be obtained. Since the spectra of an 
OFDM signal is not strictly band limited (     ( ) function), and the multipath propagation 
causes ISI. A simple solution is to increase symbol duration or the number of carriers so 
that distortion becomes insignificant. However, this method may be difficult to implement 
in terms of carrier stability, Doppler shift and FFT size. 
One way to prevent ISI is to create a cyclically extended guard interval, where each OFDM 
symbol is preceded by a periodic extension of the signal itself. The total symbol duration 
is        =   +    , where    is the guard interval and    is the symbol duration. When the 
guard interval is longer than the channel impulse response, or the multipath delay, the ISI 
can be eliminated. 
Cyclic convolution can still be applied between the OFDM signal and the channel response 
to model the transmission system. 
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The transmitted OFDM signal  ( ) can be expressed as follow  
  ( ) =    [ ]      /                                                                                                                (2.2) 
where  is the number of carriers and   [ ] is symbols over each carrier.   
 The transmitted signal  ( ) passes through the wireless channel which introduces signal 
distortion and additive noise. 
 
2.5.2 The Channel model 
 
The transmitted OFDM signal is assumed to go through a frequency selective fading 
channel. In addition to fading the signal also contaminated by an Additive White Gaussian 
Noise (AWGN) as shown in Figure 2.7. 
   
 
  
 
 
 
 
 
Figure 2.7 Fading channel with AWGN 
 
 
where ℎ( ,  ) is the impulse response of the channel. The channel characteristics will be 
discussed in chapter 3.   
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2.5.3 The Receiver structure 
 
Let us consider the OFDM receiver structure shown in Figure 2.8  
 
 
 
 
 
 
 
 
 
Figure 2.8: OFDM receiver structure 
 
At the receiver, the FFT is performed on each received OFDM symbol after the guard 
interval being removed. 
The wireless channel can be modeled as a multipath frequency-selective fading channel 
using a tapped-delay line with time-varying coefficients and fixed as follows [Cai04]:  
ℎ( ,  ) =  ℎ ( ) ( −   )                                                                                                         (2.3)       
where   is the number of taps,     is the maximum multipath delay spread and ℎ ( ) is 
modeled as a Wide-Sense Stationary Uncorrelated Scattering (WSSUS) process. 
The received signal from time-varying frequency-selective Rayleigh fading channel can be 
expressed as:  ( ) = ℎ( ,  ) ∗  ( ) +   ( )                                                                                                       (2.4)   
 ( ) =  ℎ ( ) ( −   ) +   ( )                                                                                              (2.5)        
where (∗) denotes the convolution and  ( ) is the AWGN with variance     .  
Now let   ,  be the output of FFT of q-th subcarrier with k-th symbol as shown in Figure 
2.8.  
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  , =    ∫ [ (   )](   )                                                                                                           (2.6)                                                   =    ∫ [∑ ℎ (   ) ( −   ) +   ( )      ](   )                                                                         (2.7)  =    ∫  ∑ ℎ (   )∑   [ ]     (    )    +   ( )       (   )                                             (2.8)  
According to Cai et al. [Cai04], it follows after some manipulation that:   , =   ,   , +   ,                                                                                                                  (2.9) 
where    , =   [ ]                                                                                                                                (2.10  )   , =  ℎ (   )                                                                                                                    (2.10  ) 
  , = 1    ( )(   )                                                                                                             (2.10  ) 
 
Equation 2.9 represents the received signal samples that will be used for channel estimation 
in chapter 4. 
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2.6 Simulation Results of the OFDM system 
A simulation is carried out for the whole OFDM system. Let us consider an OFDM with 
QPSK modulation, 52 carriers, and a central carrier frequency of 1900 MHz. A guard 
interval is 32 symbols. The BER is shwon in Figure 2.9. It is compared with the theoritical 
value. From Figure 2.9 , one can notice that theoritical BER performance is approximatly 
equal to that obtain by simulation. In the simulation there is a small shift from the 
theoritical value. The theoritical Bit Error Rate (BER) performance value of the QPSK is 
given by [Pra98]: 
   =        (   /  )                                                                                                            (2.12)  
where       is complementary error function and   /   is the bit energy to noise power. 
As we can see that the BER performance of the simulation of OFDM system gives us 
approximately the same as the theoretical BER 
 
Figure 2.9: BER performance of OFDM system without the effect of fading 
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3.1 Introduction 
In wireless communication systems, the transmitted signal arrives at the receiver from 
many paths. These paths arise due to reflection, diffraction, and scattering of the 
transmitted signal from objects like buildings, hills… etc. These unknown paths are 
extremely random and not easy to analyze. Modeling the radio channel is considered as the 
most difficult part of mobile radio system design. The transmitted signal can be attributed 
to reflection, diffraction and scattering. The general term fading is used to describe 
fluctuations in the envelope of a transmitted radio signal [Pup05]. Large scale fading is the 
fluctuation that made over a long distance. Large scale propagation is explained by the loss 
of received signal power. In the next section the small scale or the term fading will be 
described. 
3.2 Fading Channel    
Small scale or fading is the fluctuation that made over short distance or time duration. A 
rise to small scale fading comes from the movement of the receiver (mobile) over a small 
distance. There are many factors that influence fading, some of these factors are [Rap01]: - 
a) Multipath propagation: Due to the reflection, diffraction and scattering 
phenomena; a multiple versions of the transmitted signal arrive at the receiver. 
These multi-paths are added constructively and distractively resulting in fading. 
b) Speed of the mobile: The relative movement between the transmitter and the base 
station will cause a Doppler shift6 on each of the multipath components. This will 
lead us to a time varying fading channel. Doppler shift will be assumed to be 
positive or negative according the direction of the movement forward or backward 
to the base station. 
c) The movement of the surrounding object: This will cause a Doppler shift. The 
motion of the surrounding object will almost be neglected. 
d) The bandwidth of the transmitted signal. 
      
 
 
 
                                                        
6 Doppler Shift: is the change in frequency of a transmitted signal of a moving object 
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Figure 3.1: Multi-path fading in wireless mobile systems 
 
Figure 3.1 shows a multipath fading scenario in mobile wireless systems. Multipath fading 
can be divided into four types:  
a) Slow or Fast fading based on. Doppler Spread and coherence time7. 
b) Frequency selective or flat fading based on Time delay spread and coherence 
bandwidth8.  
 
3.2.1 Frequency Selective and frequency non selective flat fading 
Based on the channel coherence bandwidth and its relation with the transmitted signal 
bandwidth, the channel can be classified as frequency selective or non selective.   
                                                        
7 Doppler Spread and coherence time: parameters which describe the time varying nature of the channel in a 
small-scale region 
 
8 Time delay spread and coherence bandwidth: parameters which describe the time dispersive nature of the 
channel in a local area 
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In frequency selective fading, the bandwidth of the channel is smaller than the bandwidth 
of the transmitted signal. This means that the delay spread of the impulse response of the 
channel is greater than the transmitted symbol period    . This will lead to a multiple 
version of the transmitted signal and cause a distorted received signal. While in flat fading, 
the bandwidth of the channel is greater than the bandwidth of the transmitted signal. 
Frequency selective fading is very difficult to model than flat fading since each multipath 
signal must be modeled. In this case, the channel impulse response can be expressed as 
equation (2.3).  
OFDM is a multi-carrier transmission scheme. It makes possible to convert the frequency-
selective fading channel into many non-selective flat fading sub-channels that are free from 
ISI. In this case, we can express the fading channel impulse response as:  ℎ ( ) = |ℎ ( )|    ( ) ( )                                                                                                       (3.1)                                                    
where ℎ ( ) is the impulse response of the fading channel,    ( ) is the time varying 
phase of the mth carrier and |ℎ ( )| is the time varying envelope of the th carrier . 
 
3.2.2 Slow and Fast Fading  
 
Depending on the changes of the transmitted signal compared to the change of the channel; 
a channel can be classified as fast or slow fading. The velocity of the receiver and the 
baseband signaling determines if the fading goes to fast or slow fading. Coherence time is 
the time domain dual of Doppler spread and is used to characterize the time varying nature 
of the frequency depressiveness of the channel in the time domain. In slow fading, the 
channel impulse response changes slower than the signal. In another word, the coherence 
time (  ) of the channel is larger than the symbol period (  ) of the transmitted signal (i.e.   <   ). 
In fast fading, the channel impulse response changes rapidly compared to the signal. This 
means that the coherence time of the channel is smaller than the symbol period of the 
transmitted signal (i.e.  >   ) [Rap01]. Doppler spread defined as the range of frequencies 
over which the received Doppler spectrum is essentially non-zero. In frequency domain, if 
the Doppler spread of the channel is much less than the bandwidth of the signal this will 
lead to a slow fading. Otherwise, if the Doppler spread of the channel is more than the 
bandwidth of the signal then we got a fast fading.  
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3.2.3 Doppler Shift and time varying fading  
 
As mentioned before, the speed of the mobile or the speed of the surrounding objects will 
cause a Doppler shift. Doppler shift means the change of the frequency between the 
transmitted and received signal. The value of Doppler shift depend on the speed of the 
mobile and whether the motion is toward or backward the base station. Figure 3.2 
illustrates the Doppler shift in mobile system. 
 
 
 
 
 
 
 
Figure 3.2: Illustration of the Doppler shift.  
 
Let   denoted to the speed of the mobile,   the angle of arrival,    the carrier frequency, 
and    is the speed of light, then    is the Doppler shift given by:    =     cos( )                                                                                                                              (3.2) 
The maximum Doppler shift is given when cos( ) reaches the maximum value:    =                                                                                                                                                 (3.3) 
In multipath fading channel, the transmitted signal arrives at the receiver from    paths. 
Each path consists of large number of uncorrelated scatters (  ) that arrives at 
approximately the same time. The flat fading process over the  th carriers can be modeled 
according to Jakes et.al [Jak74] as follows:  
ℎ ( ) =       (                  )                                                                                             (3.4) 
where    ,    and      are the amplitude, angle of arrival and initial phase of the  th 
scatter and th carrier. 
Rayleigh distribution is used to describe the statistics of the received signal envelope 
[Rap01], which will be discussed in the next section. 
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3.2.4 Rayleigh Fading  
 
If there are a large number of scatters and according to the central limit theorem9 [Pap02], ℎ ( ) can be approximated as a Gaussian process. If there is no line of sight path between 
the transmitter and the receiver then ℎ ( ) will have a zero mean. In this case the phase of ℎ ( ) is uniformly distributed over [0,2 ) and its envelope |ℎ ( )| = ℎ  has a Rayleigh 
probability density function defined as  
  (ℎ) = ⎩⎨
⎧                                    0 ≤ ℎ < ∞0                                    ℎ < 0                                                                                  (3.5)   
where     is the time average power of the fading signal. A typical Rayleigh fading 
envelope and phase are shown in Figure 3.3 and Figure 3.4 respectively. For a mobile 
speed 50 m/s and Doppler rate 0916.0=bdTf , the autocorrelation function of the fading 
process can be described as: -    ( ) =  [ℎ ( +  )ℎ ∗ ( )]                                                                                                     (3.6)  
Where ℎ ( ) is given in equation (3.4). 
 
Figure 3.3: Envelope of Rayleigh fading process 
                                                        
9 Central limit theorem: states that the sum of large number of independent random 
variables follows the Gaussian distribution. 
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Figure 3.4: Phase of Rayleigh fading process 
 Since the assumption that each path consists of large number of uncorrelated scatters, 
and if it's assumed to be wide-sense stationary as suggested by Bello [Bel63], then the 
autocorrelation function can be written as  
   ( ) =   [    ]                                                                                                (3.7)      
If the signals arrive at equal probabilities then the autocorrelation function is     ( ) =      (2    )                                                                                                          (3.8)  
Where    is a zero order Bessel function of the first kind. The autocorrelation function 
is shown in figure 3.5. 
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Figure 3.5: The autocorrelation function of the fading channel. 
 
By taking the Fourier transform of the autocorrelation function, a power spectrum 
density of ℎ ( ) is obtained. It is band-limited and U-shaped. The shape depends on    
as shown in Figure 3.6. The Doppler power spectrum is given by [Jak74] 
Ψ( ) =                  ,                            −   ≤  ≤ +           0          ,                                        ℎ                                              (3.9)  
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Figure 3.6: The Doppler power spectrum density 
By sampling the continuous-time model of the channel at symbol rate    , equation (3.4) can 
be rewritten as:  
 ℎ ( ) =       (                    )                                                                                 (3.10) 
The resulting autocorrelation function can be expressed as:     ( ) =      (2     | |)                                                                                                (3.11)  
where      is the Doppler rate. 
 Now we need a way to simulate the channel according to the previous theoretical 
description.  
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3.3 Fading channel modeling 
 
Developing wireless channel models is important for channel simulator that replicates 
wireless channel data, and produces outputs that vary in a similar manner to the variations 
encountered in practice. Sum of Sinusoids Simulation Model is an important model but this 
model is not practical. So Autoregressive model is simple and contains few parameters. 
These models will be discussed in the next subsections. 
 
3.3.1 Sum of Sinusoids Simulation Model 
 
Jakes in his model derived the sum of sinusoids model to simulate Rayleigh fading 
channels [Jak74]. In this model, the value of the  th scatter amplitude     , the angle of 
arrival     and the initial phase     over mth carrier is assumed to be as follows:    =                                                                                                                                            (3.12)         =                                                                                                                                            (3.13)          = 0                                                                                                                                           (3.14)  
Equations (3.12), (3.13) and (3.14) make the model deterministic and wide-sense non-
stationary. A modification on the Jakes model carried out in [Den93] and using Walash-
Hadamard codewords to generate multiple independent fading process. In this model, there 
is quadrantal symmetry in the magnitude of the Doppler shift. Now to provide quadrantal 
symmetry for all Doppler shifts leading to equal power oscillators, the following arrival 
angles are modified as the following:     = 2  ( − 0.5)                                                                                                                        (3.15) 
It follows that: 
ℎ ( ) =  2     ( ) cos(2      cos   +   ) [cos     +           ]                    (3.16) 
The value of the      can be expressed as      =                                                                                                                                              (3.17) 
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Where   =    /4  is the number of oscillators,   ( ) = {∓1}   , ,…    is the  th Walsh-
Hadamard codeword and the normalization factor is     . 
The sum-of-sinusoids models can't be used in practice to design channel estimation 
algorithms due to the following reasons. 
1. These models are non-linear. 
2. Three parameters need to be defined (    ,     ,    ) for each scatter. This means 
that we have a very large number of parameters. 
3. It is very hard to estimate the parameters of this model. 
As an alternative to the sum-of-sinusoids models, AR models will be discussed in the next 
subsection. 
 
3.3.2 Autoregressive channel modeling 
 
The AR model is simple, linear and contains few parameters that can be easily estimated. It 
has been used in digital communications [Bad05] [Lin02] where the fading process ℎ ( ) 
has been approximated by a  th order AR process, as follows: 
ℎ ( ) =    ℎ ( −  ) +   ( )                                                                                            (3.18) 
where {  }   , ,…  are the AR model parameters, and   ( ) denotes the zero-mean 
complex white Gaussian driving process with variance     over each carrier. 
The PSD of the AR(p) process can be expressed as follows [Kay88]: Ψ(  ) =    |1 + ∑    (       )    |                                                                                             (3.19) 
where    is the normalized frequency. 
Now to use the AR model two things have to be investigated:  
1) The order   of the AR model that play a key rule in approximating the fading 
channel. 
2)  Defined of both the AR parameters {  }   , ,… and the driving process variance    .  
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Determination of the AR parameters 
 
The relationship between the AR parameters and the fading process auto-correlation 
function is given by the well-known YW equations [Kay88]:     = −                                                                                                                                     (3.20) 
where     is the fading channel autocorrelation matrix defined: 
   =     (0)     (−1)   (1)     (0) ……    (− + 1)   (− + 2)⋮            ⋮  ⋱ ⋮   ( − 1) ( − 20) …     (0)                                                          (3.21) 
   is the vector that contains the AR parameters as follows: 
 
 =      ⋮                                                                                                                                           (3.22) 
  =     (1)   (2)⋮   ( )                                                                                                                               (3.23) 
The variance of the driving process     can be expressed as:    =    (0) +          (− )                                                                                                 (3.24) 
 
The order of AR model 
Choosing the order   is an important step in modeling the fading process using AR models. 
Some authors used a low order models as in [Tsa96] [Kom02] since it is simple and the 
corresponding computational cost is low. Baddour et al. [Bad05] use high-order AR 
processes (e.g.,  ≥ 50) when they simulate the channel. For this purpose, they modify the 
properties of the channel by considering the sum of the theoretical fading process and a 
zero-mean white process whose variance very small. Then the AR parameters are estimated 
with the YWEs based on the modified autocorrelation function        ( ) ==   (2     | |) +   ( )                                                                                    (3.25) 
Figure 3.7 and Figure 3.8 show the autocorrelation function and the power spectrum 
density of the Jakes model and that of the fitted AR process whose order is 1, 2, 5 and 20.  
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As shown that the low order AR processes such as AR(1) and AR(2) provide a poor 
approximation of the theoretical model. While increasing the model order will provide 
better approximation.   
 
Figure 3.7 Power spectral density of the Jakes model and that of the fitted AR (p) process 
with p=1, 2, 5, and 20 [Jam07a].  
 
Figure 3.8 Autocorrelation function of the Jakes model and that of the fitted  
AR (p) process with p=1, 2, 5, and 20 [Jam07a]. 
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4.1 State of the art  
 
OFDM is a parallel data transmission scheme in which high data rates can be achieved by 
the simultaneous transmission over many orthogonal carriers [Cim85] [Wan00]. This multi-
carrier transmission scheme makes it possible to convert the severe wide-band frequency-
selective fading channel into many narrow-band frequency non-selective flat fading sub-
channels, which are free from ISI. 
In OFDM systems, due to user mobility, each carrier is subject to Doppler shifts resulting 
in time-varying fading. Thus, the estimation of the fading process over each carrier is 
essential to achieve coherent symbol detection at the receiver. Channel estimation 
techniques can be classified into three categories: 
  
a) Training sequence/pilot aided techniques [Ton04]. 
b) Blind techniques [Gia98]. 
c) Semi-blind techniques [Las03]. 
 
In this thesis, we will focus our attention on training based channel estimation techniques. 
They may be designed with or without a priori modeling of the fading channel. Training 
sequence/pilot aided techniques estimate the channel from the received noisy signal given 
known training symbols that are multiplexed with the transmitted data symbols.  
Fading channel can be estimated using the Least Square (LS) criterion without the need of 
the priori modelling of the channel. A surveys on the estimation of  OFDM fading channel 
can be found in [Meh07]. A comparison between Least Mean Square (LMS) and Recursive 
Least Square (RLS) has been carried in [Kal03]. Least Minimum Mean Square Error 
(LMMSE) is another criterion that widely used in the OFDM channel estimation since it is 
optimum in minimizing the Mean Square Error (MSE) of the channel estimates in the 
presence of AWGN. LMMSE uses additional information like the operating Signal to Noise 
Ratio (SNR) and the other channel statistics. However, the computational complexity of 
LMMSE is very high due to extra information incorporated in the estimation technique 
[Meh07]. The previous estimators do not exploit the channel statistics given by the auto-
correlation function and its power spectral density. 
AR model can exploit the stochastic properties of the channel. It has been used in many 
works like [Tsa96] that uses a low order of AR model. On the other hand, Baddour et al. 
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[Bad05] have proposed to use very high-order AR models. [Lin02] proposed a so-called 
Wiener LMS algorithm that uses a low order AR order to reduce the computational cost. In 
this chapter and in order to estimate the AR parameters, we propose to take advantage of 
the two-cross-coupled Kalman filters for the joint estimation of time-varying OFDM fading 
channels and their corresponding AR parameters and compare it with [Cai04] where two-
serially-connected Kalman filters is proposed . In the two-cross-coupled Kalman filters One 
Kalman filter is used to estimate the fading AR process while the second one makes it 
possible to estimate the corresponding AR parameters from the estimated fading process. 
Since Kalman filter has assumptions that must be fulfilled. Moreover, the initial state, the 
driving process and the measurement noise must be independent, white and Gaussian. 
However, these assumptions do not always hold in practical cases, especially when dealing 
with OFDM systems, due to the following uncertainties and approximations: 
1) AR model does not fit exactly the fading process, especially when considering 
low-order AR models 
2) The noise variances in the state space representation and the AR parameters are 
usually unknown and, hence, must be estimated. 
Therefore, H∞ estimation techniques can be considered. According to these advantages of 
H∞ over Kalman we also propose to take advantage of the two-cross-coupled H∞ filters, 
initially developed in the framework of speech enhancement [Lab07] for the joint 
estimation of time-varying OFDM fading channels and their corresponding AR parameters. 
 
4.2 Channel estimator based on the LMS and RLS algorithms  
Let us consider an OFDM system with a Quadrature Phase Shift Keying (QPSK) 
modulation schemes. The received signal  ( ) can be expressed10:   ( ) = ℎ( ) ( ) +  ( )                                                                                                              (4.1) 
where  ℎ( ) is fading process,  ( ) =   ( ) +    ( ) for the n-th transmitted bit where   ( ) and   ( ) are {1,-1} and   ( ): Complex AWGN with zero mean and variance        
LMS channel estimator provides an estimation ℎ ( ) of the fading channel ℎ( ) by 
minimizing the MSE as follows:     =  [| ( ) − ℎ( ) ( )| ]                                                                                                  (4.2)  
                                                        
10 Equation (4.1) is equivalent to equation (2.10) 
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The channel estimate at time  + 1 is given by:  ℎ ( + 1) = ℎ ( ) +    ( ) − ℎ ( ) ( )  ∗( )                                                                    (4.3) 
where   is the LMS step size. 
RLS channel estimator estimates the fading process by minimizing the cost function 
[Kal03]:  =      | ( ) − ℎ( ) ( )|                                                                                                    (4.4) 
where   is the forgetting factor and has a value 0 <  < 1. 
The new channel estimate at time  + 1 using the available value at time   can be 
expressed as: ℎ ( + 1) = ℎ ( ) +   ( ) − ℎ ( ) ( )  ∗( )                                                                      (4.5) 
where the term  ( ) is the Kalman gain, given by:  ( ) =  ( ) ( ) +  ( ) ( ) ∗( )                                                                                                        (4.6) 
Then value of  ( ) can be expressed as follows:   ( + 1) =     1 −  ( ) ∗( )  ( )                                                                                     (4.7) 
In the so-called training mode, the data symbol  ( ) is assumed to be known and available 
in both the transmitter and the receiver. Kalofonos et al. [Kal03] assume that the decisions 
of the previous data symbols are all correct. The assumption in this work will be the same 
as in [Kal03] where the estimates of the previous data symbol are all correct (i.e.  ( ) =  ( )). 
 
4.3 Estimation of the fading process based on Kalman filter 
Kalman filter estimate the fading process by minimizing the estimation error 
variance    ℎ( ) − ℎ ( )   . For this purpose, first the state vector should be written as 
follows:  ( ) = [ℎ( )    ℎ( − 1)    …    ℎ( −  − 1) ]                                                                     (4.8) 
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Given equations (3.18), (4.1) and (4.8), the state space representation of the fading channel 
system can be written as follows [Jam07a]: 
  ( ) =   ( ) ( − 1) +   ( ) ( ) =   ( ) ( ) +  ( )                                                                                                         (4.9)  
where  
  ( ) =   −  −  ⋯ −  1 0      ⋯  0⋮0 ⋱⋯ ⋮    1    0    is the transition matrix,  = [1    0    0  … 0]  and 
the observation vector is   ( ) = [ ( )    0  … 0]. The variance of  ( ) and  ( ) are      
and     , respectively. In addition,  ( ) and  ( ) assumed to be uncorrelated with each 
other's and with the elements of the initial state vector  (0). 
Hence, equations (4.9) define the state space representation dedicated to the one-carrier 
fading channel system.  At that stage, a standard Kalman filtering algorithm can be carried 
out to provide the estimation   ( / ) of the state vector  ( ) given the set of observations { ( )}   ,…  as listed below: 
The so-called innovation process  ( )is first obtained:  ( ) =  ( ) −   ( )  ( )  ( − 1/ − 1)                                                                      (4.10) 
Its variance is then defined:  ( ) =  [ ( ) ∗( )] =   ( ) (  / − 1) ( ) +                                                       (4.11) 
where the so-called a priori error covariance matrix  (  / − 1) can be recursively 
obtained as follows:  (  / − 1) =   ( ) ( − 1 / − 1)   ( ) +                                                        (4.12) 
Where ()  denotes the Hermitian operator..  
The Kalman gain is calculated in the following manner:   ( ) =  (  / − 1) ( )   ( )                                                                                           (4.13) 
The a posteriori estimate of the state vector and the fading process are respectively given 
by:   ( / ) =   ( )   ( − 1/ − 1) +   ( ) ( )                                                                 (4.14) 
and ℎ ( / ) =     ( / )                                                                                                                   (4.15) 
The error covariance matrix is updated as follows: 
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 (  / ) =  (  / − 1) −  ( )  ( )  (  / − 1)                                                          (4.16) 
It should be noted that the state vector and the error covariance matrix are initially assigned 
to zero vector and identity matrix respectively, i.e.   (0/0) =   and  (0 /0) =    where   is positive constant, its value mustn't be large to prevent lack of knowledge and not small 
value that reflecting confidence. 
When dealing with the training mode,  ( ) is available, and thus Kalman filter will 
estimate the   ( / ) of the fading process ℎ( ). Once in the so-called decision-direct 
mode, the joint estimation for both the fading process ℎ( ) and data sequence   ( ) should 
be carried out. This joint estimation problem can be decomposed into the estimation of the 
data symbol at time   and then the prediction of the fading process at time  + 1. So, the 
prediction ℎ ( + 1/ ) of the fading process ℎ( + 1)  can be obtained as follows:   ( + 1/ ) =   ( )   ( / ) =   ( )   ( / − 1) +   ( )  ( ) ( )                     (4.17)   ℎ ( + 1) = ℎ ( + 1/ ) =  g  )/1(ˆ nn +h                                                                              (4.18) 
Kalman filtering is of interest but it needs several assumptions to be fulfilled, the initial 
state, the driving process and the measurement noise must be independent, white and 
Gaussian. 
These assumptions may not be satisfied in real cases because: 
a) AR model give an approximate description of the fading channel especially for low 
order AR models. 
b) AR parameters and noise need to be estimated since these values are unknown. 
 Therefore, in practical cases, Kalman filter may suffer degradation. The solution is to use 
H∞ estimation techniques. H∞ filtering has several advantages over Kalman filtering 
[Cai04]: 
1) No a priori knowledge of the noise source statistics is required. (It is assumed only 
that the noise has finite energy). 
2) The estimation criterion is to minimize the worst possible effect of the noise 
distortion on the estimation error. 
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4.4 Estimation of fading process based on H∞ 
The H∞ theory has been adopted in several areas. However, its applications in signal 
processing and more particularly in communications are still scarce. Thus, Shen et al. 
[She99] have proposed a speech enhancement approach, where the speech signal is 
modeled by an AR process. In [Erd00], the authors have proposed to investigate the H∞ 
approach to the linear equalization of communication channels. In [Cai04], Cai et al. have 
used the two serially connected H∞ filter proposed in [She97] to estimate the fading channel 
in OFDM systems, where the fading channels are modeled by AR processes. 
As mention before that the estimation criterion of H∞ is to minimize the worst possible 
effects of the noise effects (the initial state, the driving process and the measurement noise) 
on the estimation error. The H∞ filter does not require a priori knowledge about the noise 
source statistics. According to Hassibi et al. [Has99], H∞ filtering is more robust against the 
noise disturbances than Kalman filtering.  
H∞ make it possible not only to estimate the state vector  ( ) but also to estimate a linear 
combination of the state vector components  ( ) =   ( )                                                                                                                                 (4.19)                 
where   is a 1 ×   linear transformation operator. If we want to estimate  ( ) the value of    
is [1  0 … 0] 
By minimizing the H∞ norm of the transfer operator   that maps the discrete time noise 
distributions ( ), ( ) and the initial state error   =  ( ) −   ( ) to the estimation 
error  ( ) =   ( ) −    ( ), H∞ provide an estimation to ℎ ( ) =    ( ) as follows [Cai04]   ∞ =     ( ), ( ), ( )                                                                                                                       (4.20) 
where   = ∑ | ( )|                + ∑ (    | ( )| +     | ( )| )                                                                 (4.21) 
 
where   is number of available data samples,   > 0,  > 0       > 0  are weighting 
parameters and tuned by the designer. 
However, a close form solution to equation (3.20) does not always exist. To solve this 
problem a close suboptimal design strategy is usually considered:   ∞ <                                                                                                                                              (4.22) 
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where  > 0 is prescribed level of disturbance attenuation. The H∞ estimation may be 
described as min-max estimation where ℎ ( )  plays against the distributions  ( ), ( ) 
and the initial state vector  ( ) as follow min  ( ), ( ), ( ), ( ) max       = −0.5           +  0.5 (| ( )| −   (    | ( )|     +     |υ( )| )                                                                                                                               (4.23) 
 
Using the game theory approach [She97] the min-max problem can be solved. According to 
the game theory there exists H∞ channel estimator ℎ ( ) for given  > 0 if there exists a 
stabilizing symmetric positive definite solution  ( ) to the equation   ( + 1) =  ( )  ( )   ( ) ( ) +    g ,     ( ) =                                            (4.24) 
where   ( ) =   −        ( ) +  ( )     ( ) ( )                                                               (4.25)  
This leads to the following condition:  ( )   ( ) > 0                                                                                                                           (4.26) 
If the condition in (20) is true, then the H∞ estimator exists and can be written as follows: ℎ ( ) =    ( )                                                                                                                                (4.27)   ( ) =  ( )  ( − 1) +  ( ) ( ),     (0) =                                                                   (4.28) 
where  ( ) =  ( ) −   ( ) ( )  ( − 1)                                                                                      (4.29) 
and ( ) is the gain of H∞ and defined as   ( ) =  ( )   ( ) ( )                                                                                                     (4.30) 
The parameter   should be carefully selected to satisfy equation (4.24) as follows [Cai04]:     > max{   [ (   +        )  ]}                                                                                (4.31) 
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  ( )    ( ) { } piia ,,1ˆ L=  
   ( ) 
  ( ) 
)(ˆ nhm  
H∞ estimator has the same structure as Kalman, but equation (3.25) increase the 
computational cost. If the value of   ,   and    chosen to be    ,      and initial error 
covariance matrix of  ( )  of γ → +∞, then H∞ estimator became Kalman filter estimator. 
However, equations (4.10)-(4.16) can be carried out providing the AR parameters that are 
involved in the transition matrix  ( ) and the driving process variance 2us  are both 
available. But in real case as mention these values are unknown. Hence the AR parameters 
and the driving process need to be estimated. 
4.5 Two serially connected filters 
Estimation the AR parameters was discussed by many authors [Tsa96] [Cai04]. Tsatsanis et 
al use the Yule-Walker estimator.  
In [Cai04], a two-serially connected Kalman or H∞ filter based estimator was proposed to 
estimate a fading channel in OFDM system See Figure 4.1. 
 
  
 
        
          
  
 
  
 
Figure 4.1: Two serially connected Kalman filter for an estimation of the fading process 
and its AR parameters along the mth carrier. 
The first one is used for AR parameter estimation and the second one for fading process 
estimation. The AR parameters are directly estimated from the available noisy observations 
as follows: 
 Let the AR parameters vector is   = [−    −     … −   ]                                                                                                        (4.32)    ( ) =   ( − 1) +    ( ) −  ( )  ( − 1) ,   (0) =                                               (4.33) 
The value of  is then obtain from the equation (4.24), (4.25) and (4.30).  
From the estimated AR parameters, an estimation of the fading process is then carried out. 
 ( )  ∞         filter 
(1) 
AR parameters 
estimation 
 ∞         filter 
(2)  
Fading process 
estimation 
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4.6 Two cross coupled Kalman filters 
In this thesis, we propose to take advantage of the two-cross-coupled Kalman filters for the 
joint estimation of time-varying OFDM fading channels and their corresponding AR 
parameters. See Fig. 4.2. 
 
                                          
Figure 4.2 Two-cross-coupled Kalman filter based structure for the joint estimation of the 
fading process and its AR parameters along the mth carrier. 
 
4.6.1 AR parameters estimation  
To estimate the AR parameters from the estimated fading process ℎ ( ), equations (4.14) 
and (4.15) are firstly combined to express the estimated fading process as a function of the 
AR parameters: h (n) =    ( )  ( − 1) +    ( ) ( )=     ( − 1) ( ) +  ( )                                                                            (4.34) 
where   ( − 1) =  ℎ ( − 1)   ℎ ( − 2)    …  ℎ ( −  )]  and  ( ) as in (4.32). In 
addition, the variance of the process  ( ) =     ( ) ( ) is given by:     ( ) =     ( ) ( )  ( )                                                                                                 (4.35) 
When the channel is assumed stationary, the AR parameters are time-invariant and satisfy 
the following relationship:  ( ) =  ( − 1)                                                                                                                           (4.36) 
As (4.34) and (4.36) define a state space representation for the estimation of the AR 
parameters, a second Kalman filter can be used to recursively estimate  ( ) as follows: 
Kalman filter #1 
fading process estimation  
Kalman filter #2 
AR parameter estimation  
{ } piia ,,1ˆ L= 
)(ˆ nhm
{ } piia ,,1ˆ L=  
)(nrm)(ndm   
)(ˆ ndm
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 ( ) =  ( − 1)  ( )(ℎ ( ) −    ( − 1) ( ))                                                                (4.37) 
where the Kalman gain   ( ) and the update of the error covariance matrix   ( ) are 
respectively given by:   ( ) =   ( − 1)  ∗( − 1)(   ( − 1)  ( − 1)  ( − 1) +    ( ))                    (4.38)   ( ) =   ( − 1) −    ( )   ( − 1)   ( − 1)                                                             (4.39) 
with initial conditions  (0) =   and   (0) =   . 
Note that according to (4.35) and (4.38), the variance of the innovation process of the first 
Kalman filter is used to drive the Kalman gain of the second. 
 
4.6.2 Estimation of the Driving Process Variance 
To estimate the driving process variance    , the Riccati equation is first obtained by 
inserting (4.12) in (4.16) as follows:  ( / ) =  ( ) ( − 1/ − 1)  ( ) +       −   ( )  ( ) ( / − 1)            (4.40) 
Taking into account that  ( / − 1) is a symmetric Hermitian matrix, one can rewrite 
(4.13) in the following manner:   ( ) ( / − 1) =  ( )  ( )                                                                                             (4.41) 
By combining (4.38) and (4.39),      can be expressed as follows:    =  [ ( / ) − ( ) ( − 1/ − 1)  ( ) +  ( ) ( )  ( )]                          (4.42) 
where  = [   ]    =    is the pseudo-inverse of  . 
Thus, we propose to estimate       recursively as follows:     ( ) =      ( )+ (1 −  ) [ ( / ) − ( ) ( − 1/ − 1)  ( )+  ( )| ( )|   ( )]                                                                                  (4.43) 
where the variance of the innovation process  ( ) is replaced by its instantaneous value | ( )|  and   is the forgetting factor. It should be noted that   can be either constant or 
time-varying (e.g.,  ( ) = ( − 1)/ ). 
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4.6.3 Operation of the channel estimator 
During the training mode, the first Kalman filter uses the training sequence
 
  ( ), the 
observation   ( )  and the latest estimated AR parameters {  }   ,…,  to estimate the fading 
process ℎ ( ); while the second Kalman filter uses the estimated fading process ℎ  ( ) to 
update the AR parameters. At the end of the training period, the receiver stores the 
estimated AR parameters and uses them in conjunction with the observation   ( ) and the 
decision    ( )to predict ℎ ( + 1) in a decision directed manner. It should be noted that 
a prediction version of the Kalman filtering algorithm (4.10) – (4.16) must be used in the 
decision directed mode.  
At the receiver, the received signal is multiplied by the conjugate of the channel estimate to 
compensate for the phase offset introduced by the fading channel, and the data symbols are 
recovered by coherent detection. 
4.6.4 Simulation Results 
In this section, a comparative simulation study was carried out on the estimation of OFDM 
fading channels between the two-cross-coupled Kalman filter and other estimators based on 
LMS or RLS algorithms. Let us consider an OFDM with QPSK modulation, 52 carriers, 
and a central carrier frequency of 1900 MHz. The transmitted frame size over each carrier 
is assumed to be 256 symbols. The fading processes {ℎ ( )}   ,…  are generated 
according to the modified Jakes model [Den93] with 16 distinct oscillators and Doppler 
rate     = 0.097. They are normalized to have a unit variance, i.e.    . The average 
Signal-to-Noise Ratio (SNR) per carrier is defined by:    = 10             = 10      1                                                                                     (4.44) 
Figure 4.3 shows the estimation of AR (2) parameters. YW equation provides the true value 
of these parameters. The true values are:   = −1.7627,   = 0.9503   
Figure 4.3 shows that the AR parameters go to the truth value after 150 samples. 
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Figure 4.3 Real and imaginary parts of the estimated AR(2) parameters using two-cross-
coupled Kalman filters 
 
Figure 4.4 and Figure 4.5 show the Mean Square Error (MSE) of the estimated fading 
process and the BER performance of the OFDM system when using the various channel 
estimators. Once can notice that the two cross coupled Kalman filters provide significant 
performance improvement over the LMS and RLS estimation. Increasing the order of the 
AR model will also give more accurate results. Although the amount of improvement 
between AR(1) and AR(2) is significant, the amount of improvement beyond AR(5) is not 
so much. Although high-order AR models (e.g., AR(20)) can provide better modeling 
approximation than low-order AR models (see Figure 3.5 and Figure 3.6), the amount of 
performance improvement in that case is small compared with the resulting computational 
cost )( 3pO  of the estimation algorithm. Therefore, and according to [Jam07b] and [Wal06], 
an AR(5) is recommended to reduce the computational cos..  
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Figure 4.4 MSE versus SNR of the OFDM system with the various channel estimators. 
 
 
Figure 4.5 BER performances versus SNR of the OFDM system with the various channel 
estimators. 
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4.7 Two crossed Coupled H∞  in Filtering 
As mention before that Kalman need more assumptions, but using H∞ lead us to a more 
robust system. Hence, we propose to take advantage of the two-cross-coupled H∞ filters 
[Lab07] as shown in Figure.4.6. for the joint estimation of time-varying OFDM fading 
channels and their corresponding AR parameters, and to compare the solution with the two-
serially H∞ filtering proposed by Cai et al  [Cai04]  and two cross coupled Kalman filters. 
Low and high order AR models are investigated. 
 
            
Figure 4.6 Two-cross-coupled H∞ filters. 
 
4.7.1 AR parameters estimation 
To estimate the AR parameters from the estimated fading process ℎ ( ), equations (4.27) 
and (4.28) combined to express the estimated fading process as a function of the AR 
parameters to get a result: ℎ ( ) =   ( − 1)  ( ) +  ( )                                                                                                 (4.45) 
where  ( ) = [−     −     … −   ] is the AR parameters vector,  ( ) =   ( ) ( ). 
Assume that the channel is stationary then   ( ) =  ( − 1)                                                                                                                          (4.46) 
Now the state space representation described in equation (4.45) and (4.46). Defining the 
estimation error as 
  
 ∞filter #1 
fading process estimation 
)(ˆ nhm 
 ∞filter #2 
AR parameter estimation 
{ } piia ,,1ˆ L= 
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   =     ( − 1) ( ) −    ( − 1)  ( ). Then the second H∞ can recursively estimate  ( ) as follows:   ( ) =   ( − 1) +   ( )  ( )        (0) =                                                                       (4.47) 
Where   ( ) is given by:   ( ) = ℎ ( ) −    ( − 1)  ( − 1)                                                                                      (4.48)          
The gain   ( ) is expressed as follows:   ( ) =   ( )    ( )  ( − 1)R                                                                                      (4.49) 
where the   ( ) is:   ( ) =   −       ( − 1)   ( − 1)  ( )+   ( − 1)R      ( − 1)  ( )                                                                (4.50) 
The covariance error   ( + 1) is given by:   ( + 1) =   ( )    ,            (0) =                                                                               (4.51) 
 
where R > 0 and    > 0 are weighting parameters. And   > 0 is the disturbance 
attenuation level and must satisfy    > max  eig         ( ) +  ( )      ( )                                                              (4.52) 
 
4.7.2 Tuning the weighting parameters  
 
According to Cai [Cai04], the weighting parameters    ,        are chosen as the driving 
process and the additive sequence respectively (  , =            =    ). By analogy with 
kalman filter theory, the weighting parameters can recursively tuned as in [Lab06] 
    (n) =     ( − 1) + (1 −  )  ( )                                                                              (4.53) 
where ( ) =  ( ) −   ( )  +   ( )| ( )|   ( ),  = [1 0 0 …  0] and   is the 
forgetting factor. 
The value of R  assigned as   R =   ( )| ( )|   ( )                                                                                                       (4.54) 
Finally the value of    and     are chosen to equal the identity matrix (  ) 
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4.7.3 Operation of the channel estimator 
During the so-called training mode, the first H∞ filter uses the training sequence   ( ), 
observation   ( )  and the latest estimated AR parameters {  }   ,…,  to estimate the fading 
process ℎ ( ); while the second H∞ filter uses the estimated fading process ℎ  ( ) to 
update the AR parameters. At the end of the training period, the receiver stores the 
estimated AR parameters and uses them in conjunction with the observation   ( ) and the 
decision    ( )to predict ℎ ( + 1) in a decision directed manner. 
The procedure at the receiver is the same as procedure mention in the operation of two-
cross-coupled Kalman filter. 
4.7.4 Simulation Results 
Figure 4.7 illustrates the BER of the estimated fading process and the performance of the 
OFDM system where the order is 2 and 5, the Doppler rate 0916.0=bd Tf  and SNR=30 
dB. One can notice that the two-cross-coupled H∞ filter based approach yields much lower 
BER than the two- serially connected H∞ filter based one. One can notice that the two-
cross-coupled H∞ filter based approach yields much lower BER than the two- serially 
connected H∞ filter based one.  
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Figure 4.7: BER performance versus SNR of the OFDM system. The AR model order is 
p=2 and p=5 
According to Figure 4.8, the two-cross-coupled H∞ filter based estimator provides 
approximately the same estimation as the two-cross-coupled Kalman filter. Based on the 
various simulation tests we have carried out using AR models with order p= 1, 2, 5 and 20, 
we got approximately the same results for both Kalman and H∞ filter based estimator. 
Therefore, although the two-cross-coupled H∞ filter based approach does not provide better 
results than the two-cross-coupled Kalman filter based one; it has the advantage of relaxing 
the Gaussian and white assumptions required by Kalman filtering. 
0 5 10 15 20 25 30
10-4
10-3
10-2
10-1
100
SNR
B
E
R
 
 
Known
Two Crossed coupled H¥ AR(2)
Two Crossed coupled H¥ AR(5)
LMS
RLS
Two Serially connected H¥ AR(2)
Two Serially connected H¥ AR(5)
Chapter 4: Estimation of Autoregressive OFDM fading channels   
 
52 
Figure 4.8: BER versus SNR of the OFDM system with the various channel estimators with 
AR order 1, 2, 5 and 20. 
 
Figure 4.9 show the estimation of the AR parameters. One can notice that these values go 
to the truth value   = −1.7627,   = 0.9503   after 150 samples. 
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Figure 4.9 Real and imaginary parts of the estimated AR(2) parameters using two-cross-
coupled H∞ filter 
 
Graphical User Interface: 
To simplify using OFDM system a simulation program is built using the GUI in MATLAB 
program as shown in Appendix C at the end of the thesis. The GUI simulation can make a 
comparison between the proposed filters in this research and show the results in a figure. 
There are three types of output figures and to choose any of them just to click on the check 
point. This GUI simulation makes it easier for users to simulate the OFDM system than 
using codes. 
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Conclusion  
 
OFDM is an efficient parallel data transmission scheme, where high data rate can be 
achieved by the simultaneous transmission over many carriers. OFDM converts the 
frequency selective fading channel into flat fading sub-channels that are free of ISI.  
 
In this thesis, the estimation of rapidly time-varying OFDM fading channels is investigated. 
Two-cross-coupled Kalman filter is considered for the joint estimation of the fading 
process and the corresponding AR parameters over each carrier. To avoid the restrictive 
Gaussian assumptions required by Kalman filtering, we also investigate the relevance of 
two-cross-coupled H∞ filter based channel estimator. The comparative simulation study is 
carried out with the conventional LMS and RLS channel estimators shows that the two-
cross-coupled Kalman filter based channel estimator can provide significant results over the 
LMS and RLS ones. In addition, the proposed two-cross-coupled H∞ filter based channel 
estimator shows a better performance over the one based on two-serially-connected H∞ 
filters, and provides approximately the same estimates as the two-cross-coupled Kalman 
filter based estimator but without the need of any assumptions needed by Kalman filters. 
 
Future Work 
The reader of this thesis can find many topics to be studied for example:  
1) Estimation the fading channel of a multi-users OFDM system (OFDMA): 
Figure 5.1 shows the multi-user version of OFDM. OFDMA assigns subsets of 
subcarriers to individual users. This is done based on the information about the 
channel condition, where the adaptive user-to-subcarrier assignment can be 
achieved.  Different number of sub-carriers can be assigned to different users where 
the research is to control the data rate and error probability individually for each 
user and estimate the fading channel [Yoo06]. 
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Figure 5.1: OFDMA 
2) Investigate channel estimators based on pilot sequence: 
The channel estimation can be performed by either inserting pilot tones into all of 
the subcarriers of OFDM symbols with a specific period or inserting pilot tones into 
each OFDM symbol [Col02]. For more information about the estimation when a 
pilot sequence is investigated, see [Yeh02]. 
 
3) Carrier frequency offset estimation in OFDM systems 
One of the problems in OFDM system is the mismatch of the oscillators in the 
transmitter and the receiver. The demodulation of a signal with an offset in the 
carrier frequency can cause a high bit error rate and may degrade the performance 
of a symbol synchronizer [Jan97]. Kam et.al. [Kam93] proposed to use A planar 
extended Kalman filter for estimating frequency offset. It is an important field for 
search [Mor07]. 
 
 
 
 
 
 
Pilot Subcarriers 
User 1 data subcarriers  
User 2 data subcarriers  
Guard  
Frequency  
Guard  
Acronyms and abbreviations        
 
57 
Acronyms and Abbreviations 
1G:             First Generation 
2G:             Second Generation 
3G :            Third Generation 
ADSL:        Asynchronous Digital Subscriber Lines  
AMPS:       Advanced Mobile Phone Service 
AR:            Auto-Regressive 
AT&T:       American Telephone and Telegraph 
AWGN:      Additive White Gaussian Noise 
B3G:          Beyond 3G 
BWA:        Broadband Wireless Access  
CDMA:      Code Division Multiple Access 
CEPT:        Conference of European Postal and Telecommunications administrations 
DAB:           Digital Audio Broadcasting  
DFT:          Discrete Fourier Transform 
DMT:          Discrete Multi-Tone 
DVB:          Digital Video Broadcasting 
EDGE:        Data rate for GSM Evolution 
EM:             Expectation-Maximization 
FFT:            Fast Fourier Transform 
FDD:           Frequency Division Duplex 
FDMA:       Frequency Division Multiple Access 
GPRS :        General Packet Radio Service 
GSM:          Global System for Mobile communications 
HDSL:        High-bit-rate Digital Subscriber Lines  
IDEN:         Integrated Digital Enhanced Network 
IFFT:           Inverse Fast Fourier Transform  
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IMT-2000:  International Mobile Telecommunications 
IS-95:          Interim Standard 95-  
ISI:              Inter-Symbol Interference 
ITU:            International Telecommunication Union 
LS:              Least Square 
LMS:           Least Mean Square 
LMMSE:     Least Minimum Mean Square Error 
MCM:         Multi-Carrier Modulation 
MSE:             Mean Square Error 
NMT:          Nordic Mobile Telephony 
NTT:           Nippon Telephone and Telegraph 
OFDM:       Orthogonal Frequency Division Multiplexing 
PDC:           Personal Digital Cellular 
QPSK:        Quadrature Phase Shift Keying 
RLS:            Recursive Least Square  
SNR:            Signal to Noise Ratio 
TDD:           Time Division Duplex 
TDMA:       Time Division Multiple Access 
VHDSL:      Very High-speed Digital Subscriber Lines 
Wi-Fi:           Wireless Fidelity 
WiMAX:     Worldwide Interoperability for Microwave Access 
WSSUS:      Wide-Sense Stationary Uncorrelated Scattering 
YWE:          Yule-Walker Equations 
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Notations ℎ( ): Fading channel     : Number of paths    : Number of uncorrelated scatters    ( ) is the time varying phase    is the Doppler shift     , Amplitude of the  th scatter and th carrier      : Angle of arrival of the  th scatter and th carrier       Initial phase of the  th scatter and th carrier    : Auto correlation matrix  [. ]: Expectation    : Zero order Bessel function  (. ): Delta function (. )∗: Complex conjugate (. ) : Transpose   : Speed of the mobile     :Carrier frequency    : Symbol period    :Guard interval 
M:  Number of carriers  ( ): Transmitted OFDM signal   ( ) = {∓1}  = 1,2, …     : the mth Walsh-Hadamard codeword 
{  }i=1,...,p :  AR parameters   ,  : The output of FFT of q-th subcarrier with k-th symbol  ( ) : Received OFDM signal  ℎ ( ): Estimated fading process   : is the LMS step size   : is forgetting factor   : Disturbance attenuation of H∞  
)(nP : a priori error covariance matrix 
)(nK : Kalman gain  ( ): fading channel vector    ( ): estimated fading channel  ( ): auto parameters matrix    ( ): observation vector  
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Appendix C 
 
The GUI interface for OFDM system 
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